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METHOD AND APPARATUS FOR 
FEEDBACK REDUCTION IN ACOUSTIC 
SYSTEMS, PARTICULARLY IN HEARING 

AIDS 

FIELD OF THE INVENTION 

This invention relates to a method and apparatus for 
reducing feedback in acoustic systems, particularly hearing 
aids. More speci?cally, the invention relates to hearing aids 
that employ digital processing methods to implement hear 
ing loss compensation and other forms of corrective 
processing, and is concerned With reduction of acoustic 
feedback in such hearing aids. 

BACKGROUND OF THE INVENTION 

Acoustic feedback in hearing aids occurs because the gain 
and phase of the acoustic path from the receiver to the 
microphone are such that a feedback signal arrives at the 
microphone in phase With the input signal and With a 
magnitude that is greater than or equal to the input signal. 
This problem is especially prevalent in high-poWer hearing 
aids. A number of methods have been developed in the past 
for acoustic feedback reduction in digital hearing aids. 
Recently, techniques that use digital signal processing have 
been proposed. 

Kates, J. (Feedback Cancellation in Hearing Aids: 
Results from a Computer Simulation, IEEE Trans. onAcous 
tics Speech and Signal Processing, 1991, 39:553—562) 
implemented a scheme Where the open-loop transfer func 
tion of the hearing aid is estimated by opening the forWard 
signal path of the hearing aid and injecting a short-duration 
(50 ms) noise probe signal. Because the probe signal is very 
short in duration, it is inaudible to the hearing aid user. (It 
may, hoWever, reduce the intelligibility of the processed 
speech signal.) When acoustic feedback is detected, the 
forWard path is opened, the noise signal is injected and an 
adaptive ?lter is adjusted to estimate the transfer function of 
the feedback path and eliminate the acoustic feedback. 
Computer simulations demonstrated that this scheme pro 
vides the potential for 17 dB of feedback cancellation. A 
more recent scheme proposed by MaXWell, J. and Zurek, P. 
(ReducingAcoustic Feedback in HearingAids, IEEE Trans. 
on Speech and Audio Processing, Vol. 3, No. 4, pp. 304—313, 
July 1995) is similar in operation eXcept that it adapts during 
the “quiet” intervals of the input speech signal, as Well as 
adapting When feedback is detected. 

Dyrlund, O. and Bisgaard, N. (Acoustic Feedback Part 2: 
A Digital Feedback System for Suppression of Feedback, 
Hearing Instruments, Vol. 42, No. 10, pp. 44—25, 1991); and 
Dyrlund and Bisgaard (Acoustic Feedback Margin Improve 
ments in Hearing Instruments Using a Prototype DFS 
(digital feedback suppression) System, Scand Audiology, 
Vol. 20, No. 1, pp. 49—53, 1991) developed a scheme that 
Was implemented in a commercial hearing aid, the DanavoX 
DFS. This scheme continuously characteriZes the acoustic 
feedback path With an injected noise signal. If feedback is 
detected, the DFS algorithm injects a cancellation signal into 
the hearing instrument signal path that is at the same 
frequency but has opposite phase to the feedback signal. 
This scheme can provide 8—15 dB higher gain than a hearing 
aid Without feedback reduction. HoWever, it has the disad 
vantages that the injected noise signal may be audible for 
some listeners and that the noise signal may mask some 
speech cues at higher frequencies. 

BRIEF SUMMARY OF THE PRESENT 
INVENTION 

The present invention provides a feedback scheme Which 
uses a ?ltered noise source that is passed through a shaping 
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2 
?lter Whose frequency response is dependent on the spec 
trum of the input signal and a simpli?ed model of the human 
auditory system. If the ?lter is adapted in a knoWn manner 
[J ayant, N., Johnson J ., and Safranek, R., Signal Compres 
sion Based on Models of Human Perception, Proc. of IEEE , 
Vol. 81, No. 10, pp. 1385—1422, October 1993] the shaped 
noise signal that is added to the hearing aid input signal (at 
a relatively loW signal-to-noise ratio of 15 dB or greater) Will 
be inaudible to the hearing aid Wearer. This inaudibly shaped 
noise source is used continuously to characteriZe the acous 
tic feedback path. If feedback is detected, adjustments are 
made in the hearing aid frequency response to eliminate it. 

In accordance With the present invention, there is pro 
vided a method of controlling feedback in an acoustic 
system having an input for an acoustic input signal and 
output signal that generates a potential feedback path 
betWeen the output and the input, the method comprising the 
steps of: 

(1) generating a ?rst input signal from the acoustic input 
signal and making a spectral estimate of the ?rst input 
signal; 

(2) subjecting the spectral estimate to a psycho-acoustic 
model to generate a control signal; 

(3) passing a noise signal through a shaping ?lter and 
controlling the shaping ?lter With the control signal, to 
generate frequency-shaped noise, Which is inaudible to 
someone hearing the acoustic output signal; 

(4) adding the frequency-shaped noise to the ?rst input 
signal to form a combined signal; 

(5) processing the combined signal in a forWard signal 
path having a transfer function, to generate a ?rst 
output signal; 

(6) analyZing the ?rst output signal and the frequency 
shaped noise signal, to determine the presence of 
feedback at different frequencies; 

(7) using the ?rst output signal to generate the acoustic 
output signal; and 

(8) modifying the transfer function of the forWard signal 
path, to reduce the gain thereof at frequencies Where 
feedback is detected. 

Preferably, in step (2), the psycho-acoustic model selected 
from one of a normative psycho-acoustic model and a 
measured psycho-acoustic model representative of the hear 
ing characteristics of an individual. 

In a further embodiment of the present invention, step (6) 
comprises forming a cross-spectral estimate betWeen the 
?rst output signal and the frequency-shaped noise and an 
auto-spectral estimate for the frequency-shaped noise, divid 
ing the cross-spectral estimate by the auto-spectral estimate 
to obtain a spectral ratio, and determining When the fre 
quency response of the spectral ratio varies from the fre 
quency response of the forWard path, indicative of feedback. 
The method of the present invention can be applied to any 

suitable acoustic system, for eXample a digital hearing aid or 
a public address system. 

In another embodiment of the present invention, steps (3) 
and (6) are based on maXimum length sequence methods, 
such that step (3) comprises taking the fast Hadamard 
transform of the control signal to generate the frequency 
shaped noise, and step (6) comprises taking the fast Had 
amard transform of the ?rst output signal from the forWard 
path, generating the poWer spectrum of the fast Hadamard 
transform of the ?rst output signal and the poWer spectrum 
of the fast Hadamard transform of the control signal, and 
dividing the tWo poWer spectrums to obtain a spectral ratio 
from Which feedback can be detected. 
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The present invention also provides apparatus corre 
sponding to the method aspects just de?ned. The apparatus 
is for processing an acoustic signal and generating an 
acoustic output, and the apparatus comprises: 

an input means for receiving an acoustic input signal and 
for generating a ?rst input signal; 

an output transducer for generating an output acoustic 
signal; 

a forWard signal path Within the apparatus connecting the 
input means to the receiver and having a main transfer 
function for generating a ?rst output signal; 

a feedback path betWeen the receiver and the input means 
enabling at least a portion of the output acoustic signal 
to be received at the input means; 

a spectral estimation means connected to the input means 
for receiving the ?rst input signal and for generating a 
spectral estimate of the acoustic input signal; 

a psycho-acoustic model means connected to the spectral 
estimation means for forming a control signal from the 
spectral estimate; 

a noise generation means connected to the psycho 
acoustic model means for generating a noise signal 
Whose spectrum is dependent upon the control signal; 

means for adding the noise signal to the ?rst input 
electrical signal to form a combined signal, for pro 
cessing in the forWard signal path; and 

means for analyZing the noise signal and the combined 
signal after processing in the forWard signal path to 
determine the presence of feedback and for modifying 
the main transfer function of the forWard path to 
eliminate any substantial acoustic feedback. 

BRIEF DESCRIPTION OF THE DRAWING 
FIGURES 

For a better understanding of the present invention, and to 
shoW more clearly hoW it may be carried into effect, 
reference Will noW be made, by Way of example, to the 
accompanying draWings in Which: 

FIG. 1 is a schematic, block diagram of a ?rst embodi 
ment of the present invention; and 

FIG. 2 is a schematic, block diagram of a second embodi 
ment of the present invention. 

FIG. 3 is a schematic, block diagram of a third embodi 
ment of the present invention. 

DESCRIPTION OF THE PREFERRED 
EMBODIMENT 

Referring ?rst to FIG. 1, a ?rst embodiment of the hearing 
aid has an input 10 for an acoustic signal u(t). This input 10 
and a feedback path 14 are connected to a summation unit 
12 Which represents the acoustic summation of the input and 
feedback signals. The output of the summation unit 12 is 
connected to block 16 representing a microphone transfer 
function At the output of the microphone block 16, 
there is the basic input signal 

In accordance With the present invention, the signal X(t) 
passes to a further summation unit 18, Where it is added to 
a shaped noise signal v(t). At the output of the summation 
unit 18, the summed signal Z(t) is subject to the forWard path 
transfer function H20’), as indicated at block 20. 

The output of the forWard path, a signal W(t) is fed to a 
transducer 22, Which applies the transfer function H30’), to 
yield an acoustic output y(t). The acoustic output signal, y(t), 
is fed back to the input via an acoustic transfer function 
Which is represented by H40’), as indicated in the feedback 
path 14. 

15 

25 

35 

45 

55 

65 

4 
NoW, in accordance With the present invention, the input 

signal X(t) is also supplied to a spectral estimation unit 24, 
Which in turn is connected to a psycho-acoustic model unit 
26. The output of the psycho-acoustic model 26 controls a 
shaping ?lter H5(f) 28 Which receives an input from a noise 
source 30 and Which is used to shape the frequency spectrum 
of the noise source 30. In knoWn manner, the noise source 
30 generates a random noise signal Which can then be used 
for test purposes. The output of the shaping ?lter 28 is the 
frequency shaped noise signal v(t). 
As indicated at 32, a cross-spectral estimate, SW0"), is 

made betWeen shaped noise signal v(t) and the signal W(t) at 
the output of the forWard path. Similarly, the shaped noise 
signal v(t) is supplied to unit 34, to determine an auto 
spectral estimate SW0"). These are divided at 36, to give the 
ratio SWv(f)/SW(f). 
The frequency domain transfer functions H1(f), H2(f) and 

H30’) represent the “normal” forWard electro-acoustic trans 
fer function of the electro-acoustic system if acoustic feed 
back is at a negligible level. The acoustic feedback path 
transfer function is H4(f). 
The noise source n(t) is ?ltered With a digital shaping ?lter 

28, H5(f), Whose coef?cients (and hence frequency 
response) are periodically updated (for eXample at 20 to 30 
ms intervals) based on an estimate of the short-term input 
signal spectrum and a psycho-acoustic model. The shaping 
?lter is adjusted so that the noise-to-signal ratio (Where the 
“noise” is the shaped noise of the input signal in 
the “forWard path” Z(t) is maXimiZed While ensuring that the 
injected frequency-shaped noise is inaudible to the hearing 
aid Wearer When masked by the input signal. For a hearing 
aid application, the psycho-acoustic model may be generic 
(i.e., based on normative data for the general class of hearing 
characteristic) or speci?c (i.e., based on speci?c character 
istics of the user’s hearing characteristic). 
The frequency domain transfer function from the input U 

to the output Y is: Y(1—H1H2H3H4)=H2H3H5N+H1H2H3U. 
If the noise source is set to Zero, We arrive at the Well-knoWn 
transfer function: 

U :1- 111112113114 

Whose form is characteristic of a feedback system. 
The cross- and auto-spectral estimates SW0’) and SW0’) 

are computed in the frequency domain using Well knoWn 
fast Fourier transform (FFT) correlation methods: 

Where 

SNN(f)=is the auto-spectral density of the noise source, 
SNU(f)=is the cross-spectral density betWeen the noise 

source and the input signal, 
SYN(f)=is the cross-spectral density betWeen the output 

signal and the noise source, and 
* indicates complex conjugation; and 

Because the shaped noise signal (v(t)) is uncorrelated With 
the input signal over multiple periods of the shaping ?lter 
update time (e.g., correlations are computed over 100 to 200 
ms periods), SNU(f) asymptomatically approaches Zero, and 
SW0") can be approximated as: 
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Thus, the ratio of these tWo spectra can be approximated as: 

If the gain of acoustic feedback path (H4(f)) is small (ie 
there is very little or no acoustic feedback), then the ratio of 
these spectra Will be approximately equal to H2(f) Which is 
known. Thus, the occurrence of feedback can be detected by 
?nding the frequencies Where the ratio of the spectra devi 
ates signi?cantly from the knoWn frequency response, 
H2 . 

](3JLe)cause the value of Swv(f) may be very small for some 
input signal conditions, the adaptation at a given frequency 
Will be disabled if Swv(f) falls beloW a pre-speci?ed level. 
This satis?es a condition knoWn as persistent excitation 
Which states that a system must be eXited at a particular 
frequency before it can be characteriZed at that frequency. 

Once feedback is detected, it can be eliminated by reduc 
ing the gain of H2(f) at the frequency Where the feedback 
has been detected. In operation, there is a continuous bal 
ance betWeen the initial “target” setting of H2(f) (i.e., the 
desired frequency response) and the “adjusted” H2(f) that is 
required to keep the acoustic system out of the acoustic 
feedback condition. The algorithm used to adapt the 
frequency-gain characteristic that constitutes H2(f) Will 
sloWly adapt toWards the target setting and only reduce the 
gain at a particular frequency if feedback is likely to occur 
at that frequency. The algorithm used to adjust H2(f) does 
not form part of the present invention, and any suitable 
algorithm can be used. 

FIG. 2 shoWs a second embodiment of the present 
invention, and similar elements are given the same 
reference, and for simplicity, description of the common 
elements is not repeated. This second embodiment of the 
invention uses maXimum length sequence (MLS) methods 
to characteriZe the transfer function feedback path. 

Here, the psycho-acoustic model 26 supplies ?lter coef 
?cients to the fast Hadamard transform (FHT) unit 40 Which 
in knoWn manner generates a shaped noise signal: see 
Borish, J ., “An Ef?cient Algorithm for Generating Colored 
Noise Using a Pseudorandom Sequence”, J. Audio Engi 
neering Society, Vol. 33, No. 3, pp. 141—144, (March 1985), 
Which is incorporated herein by reference. The FHT algo 
rithm is described in detail in “An Ef?cient Algorithm for 
Measuring the Impulse Response Using Pseudorandom 
Noise”, J. Audio Engineering Society, Vol. 31. No. 7, pp. 
478—488 (July/August 1983) Which is also incorporated 
herein by this reference. A similar unit 42 takes the fast 
Hadamard transform (FHT) of the signal Which gen 
erates the impulse response of the forWard signal path. This 
operation is equivalent to cross-correlating the shaped input 
MLS signal With an un?ltered MLS signal. Because the 
MLS is deterministic and the measurement is synchronous, 
all components that are asynchronous With the MLS Will be 
spread (more or less) uniformly across the entire impulse 
response, as disclosed in Rife, D. and Vanderkooy, J ., 
“Transfer-Function Measurement With Maximum-Length 
Sequences”, J. Audio Engineering Society, Vol. 37, No. 6, 
pp. 419—444, (June 1989) and Schneider, T. and Jamieson, 
D., “Signal-Biased MLS-Based Hearing-Aid Frequency 
Response Measurement”, J. Audio Engineering Soc., Vol. 
41, No. 12, pp. 987—997, (December 1993), both being 
incorporated herein by virtue of these references. 
By taking only the initial portion of the impulse response 

and synchronously averaging a number of these segments in 
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6 
sequence, the components of the signal that are uncorrelated 
With the MLS (eg the acoustic input signal including any 
feedback) are rejected, and an estimate of H2 f) can be 
obtained. The tWo fast Hadamard transform outputs are then 
processed by fast Fourier transforms in units 44 and 46 and 
the magnitude squared is computed (to generate the poWer 
spectrum), and then divided at 48 to give the ratio Swv(f)/ 
SW(f). Accordingly, in this realiZation the feedback is 
detected and reduced using the same methods that are 
described above. 

FIG. 3 shoWs a third embodiment of the present invention 
in Which similar elements are given the same reference 
numbers. For simplicity, the description of these common 
elements is not repeated here. This embodiment of the 
invention uses a stereo ?lterbank method (described in 
copending application Ser. No. 09/060,823) to generate the 
shaped noise signal. Each section of the stereo analysis 
?lterbank 50 incorporates N channels. 
One section 52 of the ?lterbank 50 is used, in combination 

With a multiplier unit 54, to generate the forWard path 
transfer function in FIGS. 1 and 2). The N outputs of 
this ?lterbank section are also used to generate an N-channel 
spectral analysis that is used as the input to a psycho 
acoustic model 26. This spectral analysis replaces the spec 
tral estimation carried out at 24 in the earlier Figures. In the 
embodiment of FIG. 3, the psycho-acoustic model generates 
N channel gains as an output. The shaped noise signal v(t) 
(or V(f) in the frequency domain) is generated by applying 
a White noise source to the input of the other ?lterbank 
section 56 (Which is equivalent to shaping ?lter 28 in FIG. 
1) and applying N gains (generated by the psycho-acoustic 
model 26) to a multiplier unit 58. The acoustic output y(t) is 
generated by ?rst passing the output of the forWard path 
transfer function, W(f), through synthesis ?lterbank 51 and 
then providing that signal W(t) to transducer 22. 

Accordingly, in this realiZation the feedback is detected 
and reduced using the same methods that are described 
above. 
We claim: 
1. Amethod of controlling feedback in an acoustic system 

having an input for an acoustic input signal and an output for 
an acoustic output signal that generates a potential feedback 
path betWeen the output and the input, the method compris 
ing the steps of: 

(1) generating a ?rst input signal from the acoustic input 
signal and making a spectral estimate of the ?rst input 
signal; 

(2) subjecting the spectral estimate to a psycho-acoustic 
model to generate a control signal; 

(3) passing a noise signal through a shaping ?lter and 
controlling the shaping ?lter With the control signal, to 
generate frequency-shaped noise, Which is inaudible to 
someone hearing the acoustic output signal; 

(4) adding the frequency-shaped noise to the ?rst input 
signal to form a combined signal; 

(5) processing the combined signal in a forWard signal 
path having a transfer function, to generate a ?rst 
output signal; 

(6) analyZing the ?rst output signal and the frequency 
shaped noise signal, to determine the presence of 
feedback at different frequencies; 

(7) using the ?rst output signal to generate the acoustic 
output signal; and 

(8) modifying the transfer function of the forWard signal 
path, to reduce the gain thereof at frequencies Where 
feedback is detected. 
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2. A method as claimed in claim 1, wherein, in step (2), 
the psycho-acoustic model is selected from one of a norma 
tive psycho-acoustic model and a speci?c psycho-acoustic 
model representative of the hearing characteristics of an 
individual user. 

3. A method as claimed in claim 1, Wherein step (6) 
comprises forming a cross-spectral estimate betWeen the 
?rst output signal and the frequency-shaped noise and an 
auto-spectral estimate for the frequency-shaped noise, divid 
ing the cross-spectral estimate by the auto-spectral estimate 
to obtain a spectral ratio, and determining When the fre 
quency response of the spectral ratio varies from the fre 
quency response of the forWard path, indicative of feedback. 

4. A method as claimed in claim 1, When applied to one 
of a digital hearing aid, and a public address system. 

5. A method as claimed in claim 1, Wherein steps (3) and 
(6) are based on maXimum length sequence methods, such 
that step (3) comprises taking the fast Hadamard transform 
of the control signal to generate the frequency-shaped noise, 
and step (6) comprises taking the fast Hadamard transform 
of the ?rst output signal from the forWard path, generating 
the poWer spectrum of the fast Hadamard transform of the 
?rst output signal and the poWer spectrum of the fast 
Hadamard transform of the control signal, and dividing the 
tWo poWer spectrums to obtain a spectral ratio from Which 
feedback can be detected. 

6. A method as claimed in claim 1, Wherein in step (1), 
folloWing generation of the input signal, the input signal is 
passed through one path of a stereo N channel analysis 
?lterbank, Which provides the spectral estimate of the ?rst 
input signal spectrum so that the psycho-acoustic model 
generates N channel gains as an output, and Wherein step (3) 
comprises passing the noise signal through the other path of 
the stereo analysis ?lterbank to provide output noise channel 
signals, and multiplying the output noise channel signals by 
the N channel gains of the psycho-acoustic model to provide 
the frequency-shaped noise. 

7. An apparatus for processing an acoustic signal and 
generating an acoustic output, the apparatus comprising: 

an input means for receiving an acoustic input signal and 
for generating a ?rst input signal; 

an output transducer for generating an output acoustic 
signal; 

a forWard signal path Within the apparatus connecting the 
input means to the receiver and having a main transfer 
function for generating a ?rst output signal; 

a feedback path betWeen the receiver and the input means 
enabling at least a portion of the output acoustic signal 
to be received at the input means; 

a spectral estimation means connected to the input means 
for receiving the ?rst input signal and for generating a 
spectral estimate of the acoustic input signal; 

a psycho-acoustic model means connected to the spectral 
estimation means for forming a control signal from the 
spectral estimate; 

10 

25 

35 

45 

55 

8 
a noise generation means connected to the psycho 

acoustic model means for generating a noise signal in 
dependence upon the control signal; 

means for adding the noise signal to the ?rst input signal 
to form a combined signal, for processing in the for 
Ward signal path; and 

means for analyZing the noise signal and the combined 
signal after processing in the forWard signal path to 
determine the presence of feedback and for modifying 
the main transfer function of the forWard path to 
eliminate any substantial feedback. 

8. An apparatus as claimed in claim 7, Wherein the means 
for analyZing the noise signal comprises: 

a ?rst correlation means for forming a cross correlation 
betWeen the noise signal and the ?rst output signal; and 

a second correlation means for forming an auto correla 
tion of the noise signal; and 

means for dividing the cross correlation signal by the auto 
correlation signal, to generate a ratio of the cross 
correlation spectrum to the auto correlation spectrum, 
Which is indicative of the forWard path transfer func 
tion. 

9. An apparatus as claimed in claim 7 or 8, Wherein the 
noise generation means comprises a primary noise source 
for generating a primary noise signal and a shaping ?lter 
connected thereto and to the psycho-acoustic model means 
for generating a noise signal shaped in dependence upon the 
control signal. 

10. An apparatus as claimed in claim 7, Wherein the noise 
generation means comprises means for performing a fast 
Hadamard transform on the control signal from the psycho 
acoustic model means, and Wherein the means for analyZing 
the noise signal comprises: 

second fast Hadamard transform means connected to a 
forWard path for generating the fast Hadamard trans 
form of the ?rst output signal; 

?rst poWer spectrum generating means for generating a 
?rst poWer spectrum of the fast Hadamard transform of 
the control signal; 

second poWer spectrum generating means for generating 
a second poWer spectrum of the fast Hadamard trans 
form of the ?rst output signal; 

means for dividing the second poWer spectrum by the ?rst 
poWer spectrum to obtain a signal indicative of the 
forWard path transfer function. 

11. An apparatus as claimed in claim 7 or 10, Which 
includes an analysis ?lterbank connected betWeen the input 
means and the forWard path, the analysis ?lterbank means 
providing the spectral estimation means, Wherein the noise 
generation means is connected through the analysis ?lter 
bank means and the psycho-acoustic model means is con 
nected to the analysis ?lterbank means for control thereof, 
for generating a noise signal in dependence upon said 
control signal. 
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